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(54) A digital signal processing device and a method and a delta-sigma modulator using the same 
method 



(57) A signal processing device uses a A£ modula- 
tor (13) having varying effective orders to ensure an S/ 
N ratio by selecting a high order when a 1 -bit music sig- 
nal is output via the AI modulator (13). The signal 
processing device prevents a noise during switchover 
by shifting to a low order just before the AI modulator 



(13) is bypassed if this occurs. The present invention 
provides a digital signal processing device which can 
switch between an original sound signal and a AI mod- 
ulation signal, and yield a sufficient S/N ratio for a re- 
processed AI modulation signal. If any 1-bit original 
sound signal is input, little switching noise is generated. 
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Description 

BACKGROUND OF THE INVENTION 

5 [0001 J The present invention relates to a digital signal processing device, a method, and a AI modulator for applying 

edit processing such as volume adjustment and the like to digital audio data using high-speed 1-bit data. 

[0002] A method called the delta-sigma (AI) modulation is proposed to digitize voice signals. 1 ( 1 - Yamazaki, Yoshio. 

"AD/DA Converter and Digital Filter" Journal of the Acoustical Society of Japan 46, No. 3 (1990): pp. 251-257.) 

[0003] FIG. 1 is a block diagram of a AI modulation circuit for applying AI modulation to, say, 1-bit digital data. In 
10 FIG. 1 , an input audio signal S is supplied from an input terminal 81 to an integrator 83 via an adder 82. This signal 

from the integrator 83 is supplied to a comparator 84. The signal is compared to a mid-point potential of, say, the input 

audio signal S and is quantized on a 1-bit basis every sampling period. A frequency for the sampling period (sampling 

frequency) is 64 or 128 times the conventional frequency 48 kHz or 44.1 kHz. 

[0004] This quantized data is supplied to a 1 -sample delay circuit 85 and is delayed for one sampling period. This 
15 delay data is converted to an analog signal in, say, a 1 -bit D/A converter 86, is added to the adder 82, and is added to 
the input audio signal S from the input terminal 81 . The quantized data output from the comparator 84 is generated as 
1-bit data D1 from an output terminal 87. According to AI modulation processing of this AI modulation circuit, as 
described in the above-mentioned document, it is possible to generate audio signals with a high dynamic range using 
the small number of bits such as 1 bit by sufficiently increasing a sampling frequency. It is also possible to provide a 
20 wide transmittable frequency band. The AI modulation circuit is suited for circuit configuration integration and can 
relatively easily provide A/D conversion accuracy. The AI modulation circuit is widely used in an A/D converter, for 
example. A simple analog low-pass filter can be used for restoring the Al-modulated signal to an analog audio signal. 
By using these features, the AI modulation circuit can be applied to recorders and data transmission for handling high- 
quality data. 

25 [0005] The above-mentioned AI modulation circuit thus generates 1-bit data for music data. In order to edit such 
music data using a high-speed 1 -bit system, the following operation is needed as disclosed in Japanese Patent Appli- 
cation Laid-Open Publication No. 9-307452 submitted by the applicant of the present invention. In a 1-bit data editing 
unit 90 as shown in FIG. 2, 1 -bit input data D1 i is input as music data from an input terminal 91 . In a multiplier 92, Dii 
is multiplied by a specified factor k to temporarily convert to multi-bit data Dm. This data is again Al-modulated in a 

30 AI modulator 93 to be restored to 1 -bit signal D1 '. The AI modulator 93 is a multistage modulator in a plurality of orders 
using a plurality of integrators and has a more complicated configuration than for the AI modulation circuit in FIG. 1. 
[0006] However the above-mentioned configuration always lets signals pass the AI modulator 93. Even if no volume 
adjustment or the like is needed, namely, the factor k is 1.0, music data D1i always passes the AI modulator 93, 
degrading sound quality. A fraction eliminator 94 is used for performing specified addition and subtraction to eliminate 

35 a fraction remaining in an integrator inside the AI modulator 93. This operation approximates patterns for an original 
sound signal Dli and a AI modulation signal Dt\ A delay circuit 96 is used to approximately align phases for the AI 
modulation signal D1 1 and the original sound signal D1 i. A control unit 97 monitors signal patterns for the AI modulation 
signal Dl' and the original sound signal D1 i. When these patterns almost match, a selector 95 is switched to a side a 
for the delayed original sound signal D1 d from a side b for the AI modulation signal D1 \ 

40 [0007] When no volume adjustment or the like is needed, this process can switch the AI modulation signal D1 ' over 
to the delayed original sound signal D1 i and generate a 1 -bit data output from an output terminal 95 without generating 
a switching noise or the like. This process can also bypass reprocessing in the AI modulator 93. 
[0008] However, a noise may be generated during this switching operation depending on specifications of the AI 
modulator 93 to be used and a frequency of the 1-bit data Dli to be input. Generally, a high-order AI modulator can 

■J5 provide a high S/N ratio in an audible band. On the other hand, frequency characteristics change at a point near the 
audible band. A phase can easily rotate at a high frequency. When high-order AI modulation is used and an input 
signal frequency is high, a level difference and a phase shift occur between the delayed original sound signal Dli and 
the AI modulation signal D1\ A noise occurs when the selector 95 switches between these signals. 
[0009] When the low-order AI modulator 93 is used, it hardly generates a noise during switchover because of little 

50 level difference and phase rotation. On the other hand, the audible band causes a low S/N ratio, lowering the S/N ration 
when the AI modulator 93 is not bypassed. 

BRIEF SUMMARY OF THE INVENTION 

55 [001 0] The present invention has been made in consideration of the foregoing. It is therefore an object of the present 
invention to provide a digital signal processing device having a simple configuration, a method, and a AI modulator 
for switching between an original sound signal and a AI modulation signal and providing a sufficient S/N ratio for a 
reprocessed AI modulation signal with little switching noise generated after input of any 1-bit original sound signal. 
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[0011] For solving the above-mentioned problems, a digital signal processing device according to the present inven- 
tion comprises: multiplication means for multiplying an input AI modulation signal generated from AI modulation by a 
factor; AI modulation means having a plurality of integrators for varying effective orders and applying AI modulation 
again to an output from the multiplication means; and switchover means for switching between a reprocessed AI 
5 modulation signal from the AI modulation means and the input AI modulation signal. 

[001 2] This digital signal processing device uses a AI modulator with variable effective orders by changing orders 
for AI modulation signal output and the original sound signal. 

[0013] For solving the above-mentioned problems ; a digital signal processing method according to the present in- 
vention comprises: a multiplication step for multiplying an input AI modulation signal generated from AI modulation 
10 by a specified factor for specified processing: a reprocessed AI modulation step for reapplying AS modulation to an 
output provided with said specified processing by using a AI modulator comprising a plurality of integrators for varying 
effective orders; and a switchover step for switching between said input AI modulation signal and said reprocessed 
AI modulation signal. 

[0014] For solving the above-mentioned problems, a AI modulator according to the present invention for applying 
is AI modulation to a multi-bit signal comprises: a plurality of integrators; and order variation means for varying effective 
orders increasing due to connection with a plurality of said integrators. 

BRIEF DESCRIPTION OF THE SEVERAL VIEWS OF THE DRAWINGS 

20 [001 5] FIG. 1 is a basic configuration diagram of a AI modulator for generating: 

[0016] FIG. 2 is a block diagram showing a configuration of a conventional 1-bit data editing unit; 

[0017] FIG. 3 is a block diagram showing a configuration of a 1 -bit data editing unit according to an embodiment of 

the present invention; 

[0018] FIG. 4 shows a detailed configuration of a AI modulator constituting the above-mentioned 1 -bit data editing 
25 unit; and 

[0019] FIG. 5 is a frequency characteristics diagram of the above-mentioned AI modulator. 
DETAILED DESCRIPTION OF THE INVENTION 

30 [0020] Embodiments of the present invention will be described in further detail with reference to the accompanying 
drawings. As shown in FIG. 3 ; this embodiment is a 1-bit data editing unit 10 which applies edit processing including 
fading such as fade-in and fade-out to music data D1i comprising 1-bit data resulting from AI modulation. 
[0021] The 1-bit data editing unit 10 comprises a multiplier 12, a AI modulator 13, a delay circuit 17, a selector 16, 
and a control unit 18. The multiplier 12 multiplies input 1-bit data D1i by factor k. The input 1-bit data D1i is the above- 

35 mentioned music data to be input to an input terminal 11 . The AI modulator 13 comprises, say, five integrators and re- 
applies AI modulation to a multiplied output from the multiplier 1 2 by varying effective orders as will be described later. 
The delay circuit 17 aligns a phase for the input 1-bit data D1 1 to the reprocessed AI modulation signal DP from the 
AI modulator 13. The selector 1 6 switches between the delayed original sound signal Did output from the delay circuit 
1 7 and the reprocessed AI modulation signal D1 i. The control unit 1 8 provides controls to vary the effective orders for 

40 the AI modulator 13. 

[0022] As shown in FIG. 4, the AI modulator 13 is a 5-order (5-stage) AI modulator comprising five integrators 23, 
33, 43, 50, and 57. As mentioned above, the AI modulator varies effective orders according to situations. This is to 
prevent a noise generated during switchover between an original sound signal and a AI modulation signal depending 
on specifications of the AI modulator to be used and frequencies of input 1 -bit data. 

45 [0023] Generally, as shown in FIG. 5 : the 3-. 4-, and 5-order AI modulators provide higher S/N ratios as their orders 
increase. On the other hand, a point at which frequency characteristics change nears the audible band, causing a 
phase to easily rotate at a high frequency. The AI modulator 13 switches the reprocessed AI modulation signal over 
to the delayed original sound signal when the order becomes low enough to cause small level differences and phase 
rotations at the high frequency. 

so [0024] The following describes the configuration of the AI modulator 1 3 in detail. The AI modulator 13 is configured 
as Z-1/(1-Z-1). In this configuration, the first integrator 23 uses a delay circuit 26 to delay an addition output from an 
adder 27. The integrator 23 supplies this output to a fraction eliminator 25 via a feedback loop 24, and then returns it 
to the adder 27 via the feedback loop 24. 

[0025] The second integrator 33 also uses a delay circuit 36 to delay an addition output from an adder 37, supplies 
55 this output to a fraction eliminator 35 via a feedback loop 34, and then returns it to the adder 37 via the feedback loop 34. 
[0026] Similarly the third integrator 43 uses a delay circuit 46 to delay an addition output from an adder 47, supplies 
this output to a fraction eliminator45 via a feedback loop 44, and then returns it to the adder 47 via the feedback loop 44 
[0027] Likewise, the fourth integrator 50 uses a delay circuit 53 to delay an addition output from an adder 54, supplies 
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this output to a fraction eliminator 52 via a feedback loop 51 . and then returns it to the adder 54 via the feedback loop 
51. The fifth integrator 57 has no fraction eliminator. The integrator 57 uses a delay circuit 59 to delay an addition 
output from an adder 60, and then returns it to the adder 60 via the feedback loop 58. 

[0028] The AI modulator 13 comprises an adder 22. a multiplier 28. and a level adjuster 29. The adder 22 adds 
5 multiplication output from the multiplier 12 in FIG. 3 to quantized data fed back from a quantizer 61 to be described 
later. The quantized data has an inverted sign. The multiplier 28 multiplies an integral output from the first integrator 
23 by a first order control factor j1 supplied from an order control circuit 14. The level adjuster 29 multiplies a multipli- 
cation output from the multiplier 28 by an appropriate gain. 

[0029] The AZ modulator 1 3 comprises a multiplier 30 and an adder 32. The multiplier 30 multiplies a multiplication 
10 output from the multiplier 12 by a second order control factor j2 supplied from the order control circuit 14. The adder 
32 adds a multiplication output from the multiplier 30, a level adjustment output from the level adjuster 29 , and quantized 
data with an inverted sign supplied from the quantizer 61 to generate an addition output. The adder 32 then supplies 
this addition output to the second integrator 33. 

[0030] The AT. modulator 1 3 comprises a multiplier 38 and a level adjuster 39. The multiplier 38 multiplies an integral 
is output from the second integrator 33 by a third order control factor j3 supplied from the order control circuit 14. The 
level adjuster 39 multiplies a multiplication output from the multiplier 38 by an appropriate gain. 
[0031] The Al modulator 13 comprises a multiplier 40 and an adder 42. The multiplier 40 multiplies a multiplication 
output from the multiplier 1 2 by a fourth order control factor j4 supplied from the order control circuit 1 4. The adder 42 
adds a multiplication output from the multiplier 40, a level adjustment output from the level adjuster 39, and quantized 
20 data with an inverted sign supplied from the quantizer 61 to generate an addition output. The adder 42 then supplies 
this addition output to the third integrator 43. 

[0032] The AX modulator 13 comprises a level adjuster 48 and an adder 49. The level adjuster 48 multiplies an 
integral output from the third integrator 43 by an appropriate gain. The adder 49 adds a level adjustment output from 
the level adjuster 48 to quantized data with an inverted sign supplied from the quantizer 61 to generate an addition 

25 output. The adder 49 then supplies this addition output to the fourth integrator 50. 

[0033] The AZ modulator 13 comprises a level adjuster 55 and an adder 56. The level adjuster 55 multiplies an 
integral output from the fourth integrator 50 by an appropriate gain. The adder 56 adds a level adjustment output from 
the level adjuster 55 to quantized data with an inverted sign supplied from the quantizer 61 to generate an addition 
output. The adder 56 then supplies this addition output to the fifth integrator 57. 

30 [0034] Further, the AS modulator 1 3 comprises a quantizer 61 . The quantizer 61 quantizes an integral output from 
the fifth integrator 57 to generate quantized data from an output terminal 62. The quantizer 61 also feeds this data 
back to the adders 22, 32, 42, 49, and 56. 

[0035] The following describes basic operations of the AI modulator 1 3. An input terminal 21 is supplied with a multi- 
bit music signal which is output from the multiplier 12. This music signal is supplied to the adder 22 and is added to a 
35 feedback signal supplied from the quantizer 61. This feedback signal is quantized data with an inverted sign. As a 
result, the quantized data is subtracted from the music data. An output from the adder 22 is supplied to the first integrator 

23. 

[0036] The first integrator 23 has the above-mentioned configuration. The fraction eliminator 25 eliminates a fraction 
from the data delayed in the delay circuit 26. The feedback loop 24 returns this data to the adder 27. Integration is 

40 performed by repeating addition to an adder 22's output supplied to the adder 27. An integral output from the first 
integrator 23 is supplied to the multiplier 28 and is multiplied by the first order control factor j1 from the order control 
circuit 14. The order control circuit 14 outputs the first order control factor j 1 whose initial value is 1.0. 
[0037] The music signal is input from the input terminal 21 . The multiplier 30 multiplies this music signal by the second 
order control factor j2 output from the order control circuit 14. An initial value of this second order control factor j2 is 

^5 o.O. Accordingly, the multiplier 28 provides no operation. The level adjuster 29 multiplies an output from the first inte- 
grator 23 by an appropriate gain. The adder 32 then adds the feedback signal to this output and passes it to the second 
integrator 33. 

[0038] The second integrator 33 has the above-mentioned configuration. The fraction eliminator 35 eliminates a 
fraction from the data delayed in the delay circuit 36. The feedback loop 34 returns this data to the adder 37. Integration 
50 is performed by repeating addition to an adder 32*s output supplied to the adder 37. An integral output from the second 
integrator 33 is supplied to the multiplier 38 and is multiplied by the third order control factor j3 from the order control 
circuit 14. An initial value of this third order control factor j3 is 1.0. 

[0039] The music signal is input from the input terminal 21 . The multiplier 40 multiplies this music signal by the fourth 
order control factor j4 output from the order control circuit 14. An initial value of this fourth order control factor j4 is 0.0. 
55 Accordingly, the second integrator 33 operates like the first integrator 23. 

[0040] The same processing occurs from the third integrator 43 to the fifth integrator 57. The quantizer 61 quantizes 
data to 1 bit. This 1-bit data is used as a feedback signal and is reflected on an operation result of the next stage. 
[0041] Thus, the 5-order AI modulator 13 shifts a quantized noise to a high frequency and generates a 1-bit output 
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signal out of multi-bit input data. 

[0042] The following describes how the AI modulator 1 3 varies orders. The order control circuit 1 4 outputs the second 
order control factor j2 to the multiplier 30. The second order control factor j2 gradually increases from 0 .0 and changes 
to 1 .0 within a given time. The first order control factor j1 is expressed as follows. 

5 

(first order control factor j1 ) = 1 .0 - (second order control factor j2) 

[0043] The first order control factor j1 changes from 1.0 to 0.0 in the same time interval as for the second order 
w control factor j2. When the first order control factor j1 becomes 0.0, this means that a feedback signal set to 0 enters 
the first integrator 23 and the first stage. 

[0044] Since the second order control factor j2 is 1.0, this means that a music signal is directly input to the second 
integrator 33 via the adder 32. According to these operations, the AI modulator 13 seamlessly shifts from the fifth to 
the fourth order and finally becomes the complete fourth AI modulator. 
15 [0045] I n exactly the same way, it is possible to seamlessly change the AI modulator 1 3 to the third order by controlling 
the third order control factor j2 and the fourth order control factor j4. It is also possible to change from the fifth, the 
fourth, then to the third order, alternatively, from the fifth to the third order. 

[0046] The following describes operations of the 1-bit data editing unit 10 in detail with reference back to FIG. 3. In 
FIG. 3. hke the prior art. a t-bil data D1i is input to the input terminal 11 as an original sound signal. The multiplier 12 
20 multiplies the input 1-bit data D1 i by a factor k (any value) to generate a multi-bit multiplication output with an adjusted 
sound volume. The AI modulator 13 receives this output and converts it to 1-bit data to generate the AI modulation 
signal D1\ 

[0047] At this time, the selector 16 is set to the AI modulation signal DV side b. When 1-bit data is output, the AI 
modulation signal D V is output. When the factor k becomes 1.0, the multi-bit multiplication output may be assigned a 
25 weight 1. In this case, all bits below the weight 1 are reset to 0s. The AI modulator 13 is not provided with data smaller 
than or equal to 1 (hereafter referred to as the fraction). 

[0048] Detecting that the factor k becomes 1 .0, the control unit 1 8 issues an instruction to the order control circuit 
14 for lowering the order. By receiving this instruction the order control circuit 14 controls the first order control factor 
j1 through the fourth order control factor j4 for lowering the order from the fifth to the fourth or to the third as mentioned 
30 above. 

[0049] When the AI modulator 13 finishes shifting to the lower order, the control unit 18 issues an instruction for 
eliminating the fraction to the fraction eliminator 15. The fraction eliminator 15 comprises the fraction eliminators 25, 
35. 45. and 52 each connected to the integrators. The fraction eliminator 15 eliminates a fraction remaining in each 
integrator by adding or subtracting a slight amount of DC. 
35 [0050] When the fraction has been removed, the control unit 18 compares the AI modulation signal DV with the 
delayed original sound signal D1i. When the output patterns match within an appropriate range, the control unit 18 
switches the selector 16 over to the delayed original sound signal D1i side a. 

[0051] The AI modulator 13 switches the AI modulation signal over to the original sound signal when the order 
becomes low enough to cause small level differences and phase rotations at the high frequency. The changeover 
40 should be available without generating a noise even if the original sound signal contains a high-frequency signal ex- 
ceeding the audible band. At this time, the changeover time just takes several tens of milliseconds. A low S/N ratio 
causes no significant problem while the low order take effect. 

[0052] A series of operations described above applies when an output AI modulation signal is used tor volume 
adjustment or the like, then no adjustment or the like becomes unnecessary, and finally the output signal is switched 
45 to the original sound signal. When the adjustment or the like is needed again, the following operations apply. 

[0053] While the factor k is 1 .0, the AS modulator 13 keeps operating with the third order unchanged. Specifically, 
the order control circuit 1 4 uses the second order control factor j2 set to 1 .0, the first order control factor j1 set to 0.0, 
the fourth order control factor j4 set to 1 .0, and the third order control factor j3 set to 0.0. 

[0054] Just before the f actor k changes from 1 .0 to a different value, the control unit 1 8 compares the delayed original 
so sound signal D1 d with the AI modulation signal D1 '. When the output patterns match within an appropriate range, the 
control unit 1 8 switches the selector 1 6 over to the AI modulation signal 1 * side b. At this time, the AI modulator 1 3 is 
set to the third order. No noise occurs oven if the original sound signal contains a high-frequency component. An output 
is switched over to the AI modulation signal V. 

[0055] When detecting that the selector 16 is switched, the order control circuit 14 smoothly changes the third order 
55 control factor j3 from 0.0 to 1 .0. Concurrently the order control circuit 1 4 changes the fourth order control factor j4 from 
1 .0 to 0.0. Since the second order control factor j2 is set to 1 .0, the AI modulator 1 3 changes to the fourth order. 
[0056] When this operation is complete, the second order control factor j2 smoothly changes to 0.0. The first order 
control factor j1 smoothly changes to 1 .0. The AI modulator 1 3 changes to the fifth order. Consequently, subsequent 
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outputs become fifth AI modulation outputs, ensuring a sufficient S/N ratio. 

[0057] As mentioned above, the AI modulator 1 3 can smoothly change orders from the fifth to the third. Using this, 
the 1-bit data editing unit 10 ensures the S/N ratio by maintaining the fifth order when a AI modulation signal is output 
for a long period. When an output is switched to the original sound signal, the 1-bit data editing unit 10 decreases a 
switching noise due to a level difference and a phase rotation by dropping the order to the third just before the switchover. 
[0058] Though the above example uses the fifth AI modulator as a basis, it may be the fourth, sixth, or seventh 
order. The AI modulator may be dropped down to the second or the first as needed. In the above-mentioned operation 
description, the factor k is set to 1 .0 or another value. When the factor k is set to 0.0,. the order is decreased likewise. 
Then, the AI modulation signal is switched to a fixed-pattern signal representing no sound. If input/output frequency 
characteristics satisfy intended conditions, the order control circuit 14 may output the second order control factor j2 
and the fourth order control factor j4 always fixed to 1 .0. 

[0059] The integrator is configured as 2-1/(1-2-1). If input/output frequency characteristics satisfy intended condi- 
tions : the configuration may be 1/(1-2-1). The multipliers 28 and 38 may be unified. The immediately subsequent level 
adjusters 29 and 39 may be also unified. 

[0060] The AI modulator and input/output signals may comprise not only one bit but also a plurality of bits. 
Claims 

1. A digital signal processing device comprising; 

multiplication means (12) for multiplying an input AI modulation signal generated from AI modulation by a 
factor; 

AI modulation means (13) having a plurality of integrators for varying effective orders and applying AI mod- 
ulation again to an output from said multiplication means (18); and 

switchover means (16) for switching between a reprocessed AI modulation signal from said AI modulation 
means (13) and said input AI modulation signal. 

2. The digital signal processing device according to claim 1 , wherein said AI modulation means (1 3) comprises order 
control means ( 1 4) for varying effective orders depending on signal switchover situations in said switchover means 
(16). 

3. The digital signal processing device according to claim 2, wherein said order control means (14) varies effective 
orders for said AI modulation means (13) at an approximate timing when said switchover means (16) switches 
between said input AI modulation signal and said reprocessed AI modulation signal. 

4. The digital signal processing device according to claim 2, wherein said order control means (14) varies effective 
orders for said AI modulation means (13) at an approximate timing when said switchover means (16) switches 
between a fixed signal changing to no sound in an audible band and music data processed with AI modulation. 

5. The digital signal processing device according to claim 1 wherein said AI modulation means (13) comprises 
fraction elimination means (15) for eliminating a fraction remaining in said integrator. 

6. A digital signal processing method, comprising steps of: 

a multiplication step for multiplying an input AI modulation signal generated from AI modulation by a specified 
factor for specified processing; 

a reprocessed AI modulation step for reapplying AI modulation to an output provided with said specified 
processing by using a AI modulator comprising a plurality of integrators for varying effective orders; and 
a switchover step for switching between said input AI modulation signal and said reprocessed AI modulation 
signal. 

7. The digital signal processing method according to claim 6 ; wherein said reprocessed AI modulation step varies 
effective orders for said AI modulator depending on signal switchover situations in said switchover step. 

8. The digital signal processing method according to claim 7, wherein said reprocessed AI modulation step varies 
effective orders for said AS modulator at an approximate timing when said switchover step switches between said 
input AI modulation signal and said reprocessed AI modulation signal. 
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9. The digital signal processing method according to claim 7. wherein said reprocessed AI modulation step varies 
effective orders for said AI modulator at an approximate timing when said switchover step switches between a 
fixed signal changing to no sound in an audible band and music data processed with AI modulation. 

5 10. The digital signal processing method according to claim 6 ; wherein said reprocessed AI modulation step not only 
varies effective orders for a AI modulator but also eliminates a fraction remaining in said integrator. 

11. A AI modulator for applying AI modulation to a multi-bit signal comprising: 

10 a plurality of integrators (23, 33 : 43, 50, 57); and 

order variation means (14) for varying effective orders increasing due to connection with a plurality of said 
integrators (23 : 33, 43, 50, 57). 

12. The AI modulator according to claim 11 , wherein the fraction elimination means (25, 35, 45, 52) for eliminating a 
75 fraction remaining in said integrator (23, 33, 43, 50);. 
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(54) A digital signal processing device and a method and a delta-sigma modulator using the same 
method 



(57) A signal processing device uses a AL modula- 
tor (13) having varying effective orders to ensure an SI 
N ratio by selecting a high order when a 1 -bit music sig- 
nal is output via the AX modulator (13). The signal 
processing device prevents a noise during switchover 
by shifting to a low order just before the AX modulator 



(13) is bypassed if this occurs. The present invention 
provides a digital signal processing device which can 
switch between an original sound signal and a AI mod- 
ulation signal, and yield a sufficient S/N ratio for a re- 
processed AI modulation signal. If any 1-bit original 
sound signal is input, little switching noise is generated. 
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